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ABSTRACT
With the advances in communications, frequency synthesizers are
becoming essential for many different circuits and broadcast bands. This need led
to the creation of the fractional N frequency synthesizer. This synthesizer has
proven itself to be a great invention allowing for many improvements over similar
concepts. However, it only reaches the full extents of its capabilities when it is
combined with a Delta Sigma modulator. This combined circuit shows great
advances in noise performance and frequency resolution.
The fractional N frequency synthesizer is merely an integer N PLL with
the ability to change the division ratio. The first attempts to change this ratio used
an accumulator which is a first order Delta Sigma modulator. The single order
versions were swiftly discarded for higher order models for their better noise
performance.
Delta Sigma modulators, or DSM, are separated into two architecture
types, MASH and MBSL. MASH modulators are easier to build and
unconditionally stable. Unfortunately, they create more noise than MBSL and
require more output states for the same division ratio. MBSL modulators create
less noise; their noise shaping is more flexible and uses less outputs for the same
division.

However, MBSL modulators are complex and have some unstable

inputs.
This work steps through the design of a MASH 1-1-1 modulator using its
basic equations. Also, it covers the implementation of the circuit on a FPGA
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board and its testing as part of a frequency synthesizer operating in the 2.4 GHz
frequency band.

For this work, the Spartan-3 board is used in addition to a PLL

built before to create the circuit. The testing is done using a spectrum analyzer to
see if the synthesizer creates the right output frequency.

Several tests are

performed to see the accuracy of the synthesizer over a portion of the frequency
band.
The circuit proves to be successful, creating frequencies within one
percent of its target values.

Initial tests without the DSM were around two

percent of the target values. The work goes on to describe future projects. The
major one to be the creation of a frequency modulated transmitter by using the
synthesizer constructed and adding a digital filter to adjust the data.
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1.1

Introduction

Introduction
With the advances in communications technology, frequency synthesizers

are becoming essential for many different circuits and broadcast bands. This need
led to the creation of the fractional N frequency synthesizer. This synthesizer has
proven itself to be a great invention allowing for many improvements over similar
concepts. However, it only reaches the full extents of its capabilities when it is
combined with a Delta Sigma modulator. This combined circuit shows great
advances in noise performance and frequency resolution. This ability for
frequency resolution makes it essential for the 2.4 GHz band. Considering the
specifications for this band especially WLAN and Bluetooth, which are currently
the major uses of this frequency band, will prove the worth of this circuit. The
details for these come from [1].
1.1.1

Wireless Local Area Networks (WLAN):
WLANs are a very prevalent use of the 2.4 GHz band. They are as their

name describes them a wireless version of the local area network. Among the
first uses of this technology was to simplify office networks, however this has
expanded almost exponentially from where it began. The introduction of Wifi hot
spots was a major push for this technology. Also, college campuses are using this
to allow students to connect to the Internet without requiring an excessive amount
of rewiring across the campus. This technology has also boomed in the home
markets as the technology has improved allowing virtually anyone to take
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advantage of the benefits.
The major standards pushing this technology are IEEE 802.11 and IEEE
802.11b. These two standards define the specifications for Frequency Hopping
Spread Spectrum (FHSS), operating at a maximum of 3 Mbps and Direct
Sequence Spread Spectrum (DSSS), offering 11 Mbps products. IEEE 802.11
defines the operations of WLAN systems at frequencies between 2400 and 2483.5
MHz. FHSS WLAN systems utilize 79 possible channels between 2402 and 2480
MHz with a channel spacing of 1 MHz. DSSS WLAN systems utilize 9 (IEEE
802.11) or 11 (IEEE 802.11b) frequency channels with channel spacing of 22
MHz. The development of the technical standards is ongoing with the demands of
the technology. FCC intends to increase the channel bandwidth of FHSS systems
to 3MHz and 5MHz to enable it to operate at 11 Mbps, allowing for higher speed
transfers. The transmitted power is on the order of 100mW (20 dBm). These
particular standards are used worldwide and are making a very large market for
the 2.4 GHz, however the next technology is used even more prevalently.
1.1.2

Bluetooth
Bluetooth is the creation of a consortium of IT and telecommunication

companies to allow for a short range radio link between devices. This technology
is also increasing at a roughly exponential rate. The original ideas for it may have
been to link together several pieces of office equipment, however in practice it is
the technology for individuals that has increased. The easiest example is the
ubiquitous Bluetooth headset that practically everyone has with their cellular
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phone. However, there are many other applications for this standard.
Bluetooth uses FHSS, 1000 hops/s technology to ensure reliable
performance in a noisy environment, supporting both voice and data, up to a data
rate of 1 Mbps. The Bluetooth standard uses the same 2402-2480 MHz spectrum
as the IEEE 802.11 standards but the transmitted power is significantly less (1mW
or 0 dBm).

These two technologies alone are enough to justify research into

better transmitter equipment at this band of frequencies.
1.2

Research Motivation
One of the big buzzwords in industry right now is system on a chip (SOC).

With the current advances by IBM and other foundries, the feature size in silicon
has been pushed down into the tens of nanometers range. This allows for a single
chip to have an extremely high level of transistors and processing power.
However, the major problem with most transmitters is that they often require
special processes. Many transmitters require inductors and capacitors to work
correctly.

Designers can use MOS capacitors for integrated circuits but

unfortunately it is extremely hard to create quality inductors in a traditional
CMOS process. At the same time ordering a process that uses these devices will
cost a lot more than simple CMOS.

This requires consideration of several of the

other solutions to this problem. One major concern is the antenna. Currently
many designers are building their circuitry to do a short range transmission which
avoids this particular problem.

Many other designers have found that the

availability of transistors on current chips allow us to approach this problem with
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digital circuitry. With this paper we will have generated a frequency synthesizer
that could be implemented on several new processes. This will make a large step
towards creating a short range transmitter that could be implemented on any
CMOS process.
1.3

Overview
Chapter 2 will cover the design and implementation of the frequency

synthesizer that will be added to this work. Chapter 3 will cover the different
architectures of Delta Sigma modulators that were considered for this work and
their advantages and disadvantages. Chapter 4 will cover the simulated and
measured results from the circuits.

Chapter 5 will cover the conclusions,

achievements, and future work.

4

2

FRACTIONAL N PHASE LOCKED LOOP FREQUENCY
SYNTHESIZER
This work covers the design of a Delta Sigma modulator to interface with

a previously constructed fractional N phase locked loop. The combination of
these two components creates the fractional N frequency synthesizer which is
tested in this work. This circuit is fairly complicated in its construction and builds
off of several ideas. The first step in understanding the design is to see how the
phase locked loop can be changed into the integer N frequency synthesizer.
2.1

Integer N PLL Frequency Synthesizer
For most engineers in communications the PLL is one of the first circuits

that are built. The principles behind its operation are simple however in design it
can be difficult. Using feedback, it takes an output signal to the input and locks
their phases together. The major pieces of this are a phase Detector, loop filter,
and a voltage controlled oscillator (VCO). The operation of this circuit comes
from [2] as follows.

“The output of the VCO is phase-compared with the

reference at the Phase Frequency Detector (PFD). The polarity of the measured
phase difference is used to turn on the pump-up or pump-down current source in
the charge pump. As a result, some charge is transferred to or taken away from the
integrating capacitor in the loop filter. The amount of charge is proportional to the
magnitude of the phase difference. This, in turn, results in an adjustment in the
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tuning voltage of the VCO so that its phase is retarded or advanced.”

Now

normally the input and output in this fashion would be at exactly the same
frequency, so if a divider is added to the feedback loop a divider the output signal
frequency will be a multiple of the input signal frequency. The block diagram of
the combined PLL system is shown in Figure 2.1 from [3]. TCXO is the crystal
oscillator used with the circuit and N is the number chosen to make

FVCO

Fx N

(1)

Of course this circuit has also implemented a predivider to lower the frequency
applied to the PLL. Thus, the actual formula for the entire circuit would expand
slightly to give the following equation:

FVCO

Fx R
N

(2)

This design will not achieve the specifications for this project. One major

Figure 2.1: A Integer N PLL Synthesizer from [3]
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consideration is the phase noise created by the divider. The following equation
found in [3] can calculate this value.

Phase Nois e

20 log( N )dB

(3)

Phase noise is a major problem in any circuit. For this case since the frequency
synthesized is higher than the reference, phase noise will be fairly high. Thus, the
phase noise will be an issue to consider. The next consideration is that this circuit
can not change its division ratio. For many applications, this is not a problem.
However, most synthesizers require the ability to generate more than just one
frequency, especially on the Bluetooth band where it will have to be able to
change channels. Therefore the circuit will not meet the requirements.
Understanding how it functions is the key step to understanding our next circuit
and why it has become popular in the communications community.
2.2 Fractional N PLL Frequency Synthesizer
The next development is the creation of the Fractional N PLL Frequency
Synthesizer. The earliest examples of this circuit took the integer N PLL and
made some small modifications. The idea was to alternate between two nearby
division ratios to achieve something like a fractional ratio. To demonstrate this,
consider the example above. If 2.45 GHz is chosen as the synthesized frequency
the division ratio becomes approximately 24.5.

Now the first attempts at

fractional division would have just set the divider to divide by 24 half of the time,
and then set the division up to 25 for the other half. This trick is called pulse
swallowing. Figure 2.2 which comes [4] shows a block diagram of this type of
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Figure 2.2: Fractional N PLL Synthesizer from [4]

circuit without the actual circuitry to change the division ratio.
This circuit is almost exactly the same as the integer N PLL except for an
adjustable divider and some circuitry to control it. The most important difference
in the fractional version is the division control circuit, which when studied in
detail shows how remarkable it is. The first amount of detail can be shown in
Figure 2.3 from [5].
The circuit does not seem remarkable. However, its greatest qualities are
seen in the mathematics that can be applied to it. Consider the new equations
shown below that come from [6]
Nfrac

N

K
k

N n

(4)

n)

(5)

2
fout

fref ( N

K

n 2k

8

(6)

fd

fo

Dual Modulus
Divider
(divide by n / n+1)
Control Input

Carry Output

k bit Accumulator

K

Figure 2.3: Blow up showing division control circuitry from [5]

The variables in these equations are as follows: K is equal to the value of
the input to control circuitry, k is the number of bits that K is, N is the integer part
of the division ratio, and n is the fractional part of the division. This is very
interesting, because it says that the frequency that comes out of the device has a
relationship with the input to the control circuitry. For a frequency synthesizer,
this is great, because the frequency can be adjusted at any time by merely
changing the input word to the control circuitry. This has other implications.
Obviously further considerations of this circuit show that it is also ideal for a
version of a frequency modulated transmitter. All that would have to be done is to
format a signal correctly and feed it into the division circuitry to adjust the
9

frequency of the output. This makes this a marvelous circuit.
However every marvelous circuit has to have some problems to make it
challenging. As stated before one of the easiest methods for creating this circuit is
by using the pulse swallowing method. Now the problem with pulse swallowing
is well described in this excerpt from [6]:
“In the fractional N loop described above, the VCO is never quite on
frequency. That is, it is never an exact integer multiple of the comparison
frequency. In one cycle of the comparison frequency the VCO frequency will
appear to be high by half the comparison frequency. In the next cycle, the VCO
will appear to be low by an equal amount. The loop will therefore attempt to ramp
the VCO frequency up, then down in alternate cycles of the phase detector,
creating a spur at half the comparison frequency. Because this spur occurs at a
fraction of the comparison frequency, it is known as a fractional spur.”
The noise power contained in these fractional spurs is obtained from this
equation found in [7].
Spur

20 log(

f
)dBc
2 fm

(7)

f comes from the VCO sensitivity and the voltage of any fractional spur. The
other variable, fm, is the frequency the spur is located at. The calculation is a little
difficult to do theoretically, however these values are often quite large.

There

have been several different techniques used in the past to accomplish this task.
The next technique that was tried is called phase interpolation. The biggest
problem with this method is that it requires a precision digital-to-analog (D/A)
10

converter or delay generator to make the circuit work which requires fairly precise
analog circuitry. The third technique used is called Wheatley Random Jittering.
This does not cause as large of spurs as pulse swallowing, but it requires a random
number generator. This could have been the best choice; however this type
introduces some broad band noise at a fairly large level into the output frequency.
Finally, people tried some low order Delta Sigma modulators to attempt the
division ratio. These worked without any of the problems that were seen before
and can be implemented with entirely digital circuitry. A table showing what has
already been stated is shown below (Table 2.1); its information came from [7].
However this type of modulation is not entirely perfect, because it still creates
fractional spurs that have the same noise power as stated in the equation above.
The example in [7] showing the equation gave a value of -14.4dBc which
depending on the value in the carrier could be quite substantial. However, what
this modulator does that it moves the fractional spurs to higher frequencies. Thus,
the loop filter in the PLL will filter them out and create a very low noise circuit.
The next part will discuss the basics of this marvelous circuit and show the
different types of architectures that have been created.
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Table 2.1: Table showing old Fractional N techniques from [7]
Technique

Prone to
Spurious
Frequencies
Precision
Analog
Components
Required
Minimum
Complexity of
Digital
Hardware
Introduces
Broad Band
Noise in fd

Pulse
Swallowing

Phase
Interpolation

Wheatley
Random
Jittering

Modulated
Jittering

Yes

No

No

No

None

None

1
Accumulator
& Random
Number
Generator
Yes

2
Accumulators

1
Accumulator

D/A
Converter or
Delay
Generator
1
Accumulator

No

No

None
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No

3
3.1

THE DELTA SIGMA MODULATOR

Delta-Sigma Modulator Basics
This section will discuss the operation of the Delta Sigma modulator

hereafter referred to as DSM. The easiest way to do this is to start with a first
order modulator. An outstanding explanation of this modulation comes from p.
1009 in [8] and will be repeated below:
“As stated previously, the modulator actually provides the quantization in the
form of a pulse-density modulated signal. Referred to as sigma-delta or deltasigma modulation, the density of the pulses represents the average value of the
signal over a specific period.”
The book was using this to describe how it would work for an analog to digital
converter, but it can be applied to frequency synthesizers as well.

The

randomization is essential for reducing the noise out of the modulator. This
circuit is not one that is considered very often, however it is gaining a following
in both communications and for signal converters. The major reason that people
are switching to this spectacular circuit is its noise performance. Another major
reason is the ease of implementation that can be found here.

A closer

consideration of the circuit will show its full capabilities.
Figure 3.1 shows a block diagram of this circuit, a signal flow, and the
digital implementation shown in [9].
Now there is a lot of information contained here that will have to be
interpreted. First consider the digital implementation. The circuit shown here is
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e[n]

+

K[n]

+

y[n]

h[n]

Quantizer

K[n]

A)

+

y[n]

h[n]
1 (MSB bit)

m+1

m

m

+

-e[n]

Z -1

Z

m

-e[n]

-1

B)
h[n]
m

K[n]

X
X+Y

m
-e[n]

m

Y

LATCH

Figure 3.1: a) block diagram b) signal flow c) digital implementation from [9]
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called an accumulator. The idea behind it is to take an input and continue adding
it to itself until it overflows. This is the first step in understanding the DSM,
because the block diagram and the circuit shown in Figure 3.1 are equivalent.
The second circuit is there to reinforce this comparison. This allows the creation
of an equivalent transfer equation that will be shown below.
H [n] K[n] e[n] (1 z 1) (8)

Here H[n] is the carry bit generated by the accumulator and e[n] is the
quantization noise we are creating in the circuit to make a nonlinear circuit give
us a linear equation. This equation is not very important at the moment; however
it will become essential in the discussion of the higher order versions.
Also consider the noise power in the pass band with this type of
modulation. This requires a few equations that come from [9].

OSR
2

Pn

SNR

fs 2 f
2

1
OSR

36

54

2n

2

2

(9)
3

(10)

3

OSR
2

(11)

These equations show that by increasing the oversampling frequency or the order
of the modulator will cause a great increase in the signal to noise ratio. This is
very important for both a transmitter and a frequency synthesizer.
The first order modulator is no longer used in frequency synthesizers,
because the higher order versions deliver far better noise performance. These
higher order versions have been split into two different architectures, MASH and
15

MBSL. The MASH modulator will be discussed first.
3.2

MASH Architectures
The first major architecture type for a DSM is usually referred to as a

MASH structure. MASH stands for multi-stage noise shaping. This was the first
DSM architecture created. The idea being that the multiple stages will push any
noise generated by the modulator to higher and higher frequencies. There are two
reasons why this type of circuit is still very popular. The first is the simplicity of
the circuit. Creating any version of this circuit only requires a few adders and
registers.

The second reason for its popularity is that this circuit is

unconditionally stable at any order. These two factors put together make this
circuit the choice of many engineers when building a fractional N PLL frequency
synthesizer or transmitter.
3.2.1

MASH 1-1-1 and MASH 1-1-1-1
These are the simplest possible DSM architectures. The idea behind them

is extremely simple. Take the first order DSM and cascade it until the appropriate
order modulator is achieved.

Figure 3.2 shows a good picture of the

implementation of a third order circuit from [10].
Now reconsider the transfer equation that we created for the first order
circuit that will be listed here again. This equation on its own is not special at all.

H [n]

K[n] e[n] (1 z 1)

16

(12)

Figure 3.2: MASH 1-1-1 Digital Implementation from [10]

Now apply this equation to each stage of the modulator. These equations will end
up looking very similar, but still nothing important.

H 1[n] K[n] e1[n] (1 z 1) (13)
H 2[n] e1[n] e2[n] (1 z 1)

(14)

H 3[n] e2[n] e3[n] (1 z 1)

(15)

The next step is to take this information and attempt to calculate the output.
Y [ n]

H 1[n] H 2[n] 1 z

Y [ n]

1

H 3[n] (1 z 1)

K [n] e3[n] (1 z 1)

2

(16)

3

(17)

The final result is extremely important. Every stage cancels the noise coming into
it from the stage before.

This result is very important and is why MASH

modulators are still used today. The noise generated internally by the circuit is
cancelled before ever entering the frequency synthesizer. The fourth order circuit
17

comes out to the same equations except instead of being multiplied by the transfer
function to the third order; it is multiplied to the fourth order. There are two
important things to remember about the different order circuits. The first thing is
that the order of the modulator has to equal to or less than the order of the loop
filter in the PLL. This is done to minimize the noise on the output from the total
circuit. The second thing to remember is that the number of output bits for both
of these circuits is equal to the order of the modulator. This is just something that
has to be remembered when doing the initial design of the circuit. Another
important point is that the equations for determining division ratios are the same
as for pulse swallowing.
The fourth order circuit is essentially the same as the third order except for
an additional accumulator and some more adders. A good example of a fourth
order is seen below in Figure 3.3 from [11]
3.2.2

MASH 1-2 and MASH 2-1
These circuits are an attempt to create a hybrid between the MASH and

MBSL modulators. The hope was to gain the stability of the MASH circuit and
the lower noise of the MBSL and for the most part it was a success. The problem
is that some inputs are unstable for this type. Usually about 25 % of the possible
inputs are unstable. These occur at the farthest ranges of the frequency band.
Figure 3.4 and Figure 3.5 show the basic idea behind this circuit and come
from [12].
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Figure 3.3: a) Block Diagram form and b) Digital Implementation from [11]
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Figure 3.4: Basic diagram for a MASH 1-2 from [12]

Figure 3.5: Ritchie circuit shown in figure 7 from [12]
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Figure 3.6: Theoretical model of MASH 1-2 SDM from [13]

This circuit is more complex than the MASH 1-1-1, but the ability to
reduce the range of outputs makes it more like our other variation of modulators.
This modulator seems to be a hybrid between the two types allowing for the
unconditional stability of the MASH and the range of the MBSL.
Figure 3.6 shows the theoretical model for the MASH 1-2 from [13].
There is also a MASH 2-1 circuit, however this is merely the circuit
shown here except reversed so that the Ritchie circuit is first. The MASH 2-1
reduces the output range, but not by as much as the MASH 1-2. Neither of these
circuits appears to be very popular in literature. That is due to the fact that in
engineering usually hybrid types of circuits are ignored. Normally design calls to
take into account the advantages and disadvantages of differing designs and build
circuits that will maximize the advantages and add circuits to lower the
disadvantages accordingly.
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3.3

MBSL Architectures
The other structure is called MBSL. This stands for mutli-bit single loop.

The idea behind this one is instead of doing multiple stages like in the MASH,
there is approximately one stage with several bits in the loop. At the same time,
this will reduce the stability of the circuit. This circuit does not seem to have a
single structure like the MASH models do. In that case, all of the different
modulator types were built around cascading several accumulators. However in
this case, it seems that the modulators of this type tend to congregate into one of
two types, multiple feed forward and multiple feed back.

Usually the main

difference between them is the number of quantization levels needed for the
output. The biggest difference between MASH and MBSL modulators is the
output range. The MBSL does not have to jump around as much as the MASH
model does to achieve similar fractional spur reduction. This is shown below in
Figure 3.7 from [14].
The advantages of this circuit are several. The first is that the noise
shaping is more flexible. In a circuit like this some noise proves to be beneficial.
The second is that the noise is pushed to higher frequencies than the MASH is
able to. This allows for better filtering. The third is that the output does not have
to jump around as much as the MASH does to achieve similar fractional spur
reduction. This lowers the overall noise of the circuit by reducing the use of the
charge pump. The last is that MBSL does better on noise shaping for DC inputs
than a MASH does. However, the circuit does have disadvantages. Unlike the
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Figure 3.7: Comparison of MASH Output to MBSL Output from [14]

MASH versions the MBSL is not unconditionally stable. Also, the circuit is
harder to implement than the MASH versions are.
3.3.1

Multiple Feed Forward Architecture
First, the architecture what is referred to as the multiple feed forward

architecture is considered. As shown in Figure 3.8, from [15], the idea is to feed
several values forward and multiply them by different amounts.
This figure shows two modulators that are fairly similar. There are a few
minor differences, but not enough to classify these two as completely different. A
major question is what is dither? Dithering is the process of adding random
numbers to the signal in a DSM to make sure that it remains random for constant
inputs. If the inputs are constant as in a frequency synthesizer eventually the
modulator will have a repetition in the signal. The period of this repetition may
be very long but it will be there. This will impact the noise performance. For
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Figure 3.8: Both are examples of feed forward from [15]

any frequency synthesizer design where noise performance is important, dithering
will have to be considered.
The major flaw with this type is that there are fewer stable input levels.
This is due to feeding the signals forward. Feed back is used in many circuits to
help stabilize them and works the same for a modulator.
3.3.2 Multiple Feed Back Architecture
The next type to consider is the multiple feed back architecture. The idea
in this case is to have several feed back signals with different multipliers. This
circuit in operation is very similar to the feed forward architecture; however the
feed back mechanism adds a substantial amount of stability to the circuit. There
is still a problem with this circuit and it is that it requires a quantizer with more
levels that the feed forward architecture. Figure 3.9 and Figure 3.10 from [16]
and [17] show good examples of this particular type of architecture.
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Figure 3.9: A second order and third order feed back from [16]
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Figure 3.10: Fourth order feed back from [17]
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This covers all of the types of DSM. Both major types, MASH and
MBSL, have their advantages and disadvantages. MASH models are more stable
and easier to implement.

MBSL models have lower noise than the MASH

models, but they are normally less stable and are much harder to implement. In
this particular case, the MASH modulator was chosen because of its ease of
implementation. Also, it works fairly well for a transmitter which will be covered
in the next section.
3.4

GMSK Filter and Conversion to Transmitter
This section will deal with converting the fractional N frequency

synthesizer into a transmitter. As stated before since the job of the Delta Sigma
modulator is to constantly adjust the division ratio of the PLL, obviously it will be
capable of doing some form of frequency modulation.
methods are to do either GMSK or FSK.

The two traditional

Digital transmission methods are

usually more power efficient and allow for the use of cheaper digital signal
processing circuits. Figure 3.11 comes from [15] and shows a block diagram of
the process.
As can be seen from the diagram, there is not much of a difference
between the frequency synthesizer and the transmitter. Most of the effort is put
into adjusting the input to the DSM. In order to work as a GMSK filter the data
has to be collected and change it from a traditional digital signal where zero is
equal to zero volts and one corresponds to five volts. This signal has to be
changed to where zero equals negative five volts and one corresponds to five
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Figure 3.11: Block diagram of fractional n synthesizer from [15]

volts. This is the NRZ, nonreturn to zero, transmission data shown in the above
figure.

This data then goes through a Gaussian shaped FIR, finite impulse

response, digital filter. An example of a filter of this type is shown below in
Figure 3.12 from [18].
The output from this particular filter is added to a digital word that would
give the correct division ratio to reach a certain frequency. This allows us to set
the particular channel to broadcast on. This makes for a very easy way to create a
transmitter. At this point everything has been covered to understand the design
and the results. The next section will deal with the design and testing of the DSM
and frequency synthesizer.
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Figure 3.12: Design of a compensated Gaussian Filter from [18]
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4

DESIGN OF THE DELTA SIGMA MODULATOR AND
TESTING OF FRACTIONAL N FREQUENCY
SYNTHESIZER

4.1

Design Choices
The design of the circuit and its operation is described in this chapter. The

phase lock loop used for this work was designed and built in a previous work by
Rajagopal Vijayaraghavan [19]. This circuit is shown in Figure 4.1 from [19].
This will be the phase locked loop necessary for this work, thus the design
of the Delta Sigma modulator will be next. The first decision is the choice of

Figure 4.1: Picture of PLL on printed circuit board from [19]
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architecture and the order of the modulator.

For this work, the MASH

architecture was chosen. The MBSL architecture would have provided better
noise performance, but it was believed that the ease of design of the MASH
architecture would make it easier to guarantee a working circuit. The chosen
order for the DSM is three. This is because the input to the divider for the PLL is
only three bits. In the MASH architecture style the order is equal to the number
of outputs bits from the circuit.
The next stage of the design is to figure out the number of input bits to the
DSM. This number is extremely important. To choose this number the equations
from [6] that were shown above will be copied here.
Nfrac

N

K
k

N n

(18)

n)

(19)

2
fout

fref ( N

n 2k

K

(20)

The first equation shows that the division ratio is made of two separate
parts, an integer part and a fractional part. The fractional part is defined by the
value of the input divided by two with an exponent equal to the number of input
bits. Equations 19 and 20 will be essential for selecting the division ratio of the
circuit. This will require one more equation to finish the job and it comes from
[13].

f

1

2

k

fref
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(21)

The equation listed here has been modified slightly to make it easier to read. The
variable used in the paper was M, but was replaced with the equivalent value from
the equations listed before, 2k and f is the frequency resolution. This equation
must be solved first to finish the design of the modulator, because this will set the
number of bits that the modulator will require. Fref, the reference frequency,
comes from a crystal oscillator that oscillates at 50 MHz. The next question is the
frequency resolution. If the Bluetooth standards are used, the band between 2.4
GHz and 2.4835 GHz is broken into eighty channels. Therefore if the upper limit
of the band is subtracted from the lower limit of the band and divided by the
number of channels, the frequency resolution should come out to be 1.04375
MHz. The next step is to rearrange the equation above into a form that will give
us the k value.
fref
f
log 2

log
k

(22)

This equation will give the number of bits that is needed for the circuit. When the
numbers mentioned above are all plugged in, the k value equals 5.58 bits which
will have to be rounded up to six bits. Now the thing is that the number of bits
used for the input of the DSM is 24. The original idea was to put a 60 GHz
oscillator for fref and the calculations using that value came out to 16 bits for the
input word. The extra eight bits were to be used to increase the resolution. The
idea behind the design was since it would be implemented on an FPGA board
anyway, the extra bits could be added without any added difficulty in design.
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Also, if this circuit is used as a frequency transmitter we better resolution will be
needed to allow for broadcasting in the channel. The frequency resolution for a
transmitter would be significantly less than for the synthesizer. The value of our
input word K in terms of fout can be determined from the following equation.

fout
K

fref ( N n)
n 2k

(23)

(24)

Using these two equations it is simply a matter of plugging the numbers in and solving.
This will have different answers according to what channel is chosen and will have to
be converted to a digital base. The calculations would add nothing to this discussion
but are helpful when performing the tests. The last question is dithering. For this
design, it was decided to not attempt dithering. This process requires complicated
circuits for a reasonable gain in noise. However it was believed that the noise
performance was second to making a reliable circuit. Therefore, dithering was ignored
for this particular work. So, now the equations for the DSM have been solved and the
architecture selected which is shown below from [10].
The next step is to implement the design. The choices are whether to use
an integrated circuit or to use a field programmable gate array (FPGA). For this
work, an FPGA was used. This allowed for easier implementation. Most of the
literature chose the same path for the implementation because of time constraints.
The fact of the matter is that the creation of this as a digital circuit on chip would
require a few weeks whereas the construction of it in VHDL can be accomplished
in a matter of hours. The appendix of this work has all of the code implemented
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Figure 4.2: Selected Architecture from [10]

for the circuit. Here it will be given a brief overview. DSM is the highest level of
the code and implements the circuit seen above in Figure 4.2. The code consists
of three twenty-four bit accumulators with three registers of equal size. Then, it
sets the size of the carry bits to the same size as the output to make the
calculations easier. Next, it performs the same operations seen at the top of the
above diagram to create the fractional part of the output. Finally, it adds the
fractional part to the integer division ratio which is not shown in the Figure above.
The accumulators are generated in accum with accum_package being the file that
allows the lower circuits to be called in a similar fashion as C functions. The
accumulator code implements a generic function which allows it to be called and
then given a size dependent on the application. The adders and register are
designed the same way. Adderspecial is designed just to implement the two
adders near the output of the adder and were not designed with the generic
function. Parts of the code came from [20] which made the design considerably
faster. The next step is to see the simulation results.
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4.2

Simulation Results
For the simulation results, the early simulations were done in MATLAB

showing how the different modulator’s output behaves. These outputs will be
posted here to give a better understanding of the difference between a third order
MASH modulator and a MBSL as far as the output is concerned. This is shown
below in Figure 4.3 and 4.4. Both histograms are using a 2.44 GHz output with a
50 MHz input. It is obvious to see the differences between them. The MASH
requires the use of more output states than the MBSL does. This fact will be
important later in this paper.
The next step was to generate the simulations from the VHDL code. For
this case, only the post synthesis simulation is used. The idea being that with the
MATLAB simulations the pre synthesis simulations would be equivalent. Presynthesis simulations merely implement the code that was typed in. The postsynthesis simulations will be proof that the circuit functions as it should. Postsynthesis adds in the assorted delays and issues that the real board would deal
with. Thus, it is a great simulation for checking the validity of the circuit. The
results from this simulation are shown below in Figure 4.5.
Figure 4.5 shows that the circuit is working perfectly. The output from the
DSM is jumping around as it should and staying in the appropriate areas for the
right amount of time. Also, it can be seen that the circuit seems to spend longer
times on the value of two which is the N part of the division ratio. This is
expected and not something to worry about. The next step is to describe the test
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Figure 4.3: Third order MASH modulator output

Figure 4.4: Third order MBSL modulator output
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Figure 4.5: Post synthesis test of DSM

setup and check the actual circuit. The test setup will describe the different
settings and equipment required to test the circuit.
4.3

Test Setup
The testing in this work is the creation of a prototype fractional N

frequency synthesizer. This can be accomplished by combining the phase locked
loop created in [19] with the implemented Delta Sigma modulator created in the
design section of this work.

A block diagram of the prototype frequency

synthesizer is shown below in Figure 4.6.
This block diagram shows a fairly standard setup for a fractional n phase
locked loop frequency synthesizer. The different blocks are as follows: PFD
stands for phase frequency detector. VCO is the voltage controlled oscillator.
This circuit actually uses two separate dividers, an ILFD which stands for
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Figure 4.6: Block Diagram of Test Setup

injection locked frequency divider, and an MMD which stands for multi-modulus
divider. The MMD is where the Delta Sigma modulator will affect the circuit by
changing the division ratio. This particular divider is made up of three cascaded
dividers that can change between dividing by two and dividing by three. When
this is combined with the ILFD the division ratio will be between 32 and 108.
The spectrum analyzer used is the HP/Agilent E4403B Spectrum Analyzer. This
particular analyzer has a 50 ohm input and has a frequency range from 9 kHz to 3
GHz. This particular model will work fine for testing, because it will cover the
entire 2.4 GHz range.

The last piece that has not been discussed is the
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synchronizer circuit shown below in Figure 4.7 from [19].
The reason for this circuit is to lower the noise that the Delta Sigma
modulator creates. This circuit will make sure that the different output bits from
the Delta Sigma modulator appear at the divider at the same time. Without this
circuit the charge pump would be activated more often which would increase the
noise at the output. Considering the MASH architecture shown in this work will
prove the necessity of having this particular circuit in the system. If the first stage
output and the third stage output both have to change, the third stage will take
longer because of the delays inherent in the circuit. This will create an output
state that will be wrong for a very short amount of time, but it would be enough to
cause the charge pump to activate and then reactivate to change from the error
state. This will surely increase the noise of the circuit.
Another thing to consider is where the test was performed. As stated
before, this circuit is going to operate at the 2.4 GHz range. This same frequency
band is also used by cell phones and wireless internet access points. A possible
problem will arise by performing these tests on a college campus, because both of
these sources of noise affecting the circuit will be highly possible. The ideal way
to perform these tests would be to make sure that the circuit was shielded from
any outside noise. The best way to accomplish this would be to either place the
boards into a grounded aluminum box or to do the testing in a Faraday cage.
These two methods would work the same by preventing any electrical fields to
reach the testing devices. The test setup actually managed some shielding due to
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Figure 4.7: Synchronizer circuit on board from [19]
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the use of a 50 ohm coaxial cable that connected the output of the phase locked
loop to the spectrum analyzer. The testing will show if this is sufficient or if
further shielding would have been preferred.
4.4

Test Results
With the architecture of this circuit, the testing required two parts. The first part

was to make sure the ILFD achieved its correct locking range. If this was not done the
circuit would not function correctly and required a precise setup of the phase locked
loop. The next set of tests was to apply inputs to the DSM and check what the output
frequency is. This test is the more important one, because it proves the function of the
fractional N phase locked loop frequency synthesizer.
The first test required the setup and biasing of just the phase locked loop.
This was connected to the spectrum analyzer and a crystal oscillator from ECS
Inc. was used to provide a 50 MHz reference frequency. The purpose of this test
was to calibrate the loop. The designer of the loop included an extra set of
switches to allow for the VCO and the ILFD to be calibrated for the low end of
the spectrum. Thus, when the output frequency is equal to 2.4GHz the ILFD is
locked and the phase locked loop is in perfect operation. There is another purpose
to this test. This will show how much interference is being caused by nearby
broadcasts. In the room that the testing was being done, a campus wide WLAN
was also broadcasting with sufficient strength to allow for laptops to connect to it
at full strength. The output will show if this is an issue or not. The output can be
seen below in Figure 4.8.
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Figure 4.8: Initial Result from phase locked loop with no inputs
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The important thing is to cover what these results mean to the design. The
first factor is the level that the marker is at -14.07dBm. This result is without the
implementation of a power amplifier or antenna, thus is actually fairly high for a
circuit without either of these. It proves that the circuit is capable of transmitting,
but only over a short distance, something on the order of only a couple of feet.
The next factor is the frequency of the spike. In this case, the frequency is 2.445
GHz where the expectation was to achieve only 2.4 GHz. This shows that when
the loop is set up as a frequency synthesizer that the final output frequency is
going to be off by some percent, for the initial case 1.875 %. This result is
actually the best that was achieved over at least twenty different tests.
Unfortunately, this will affect all of the other tests using this circuit, but it is
unavoidable. The last thing to mention is the spectrum itself. As can be seen in
the figure, there is another spike at roughly zero frequency. This suggests that the
output will have a DC offset. There is also a cluster of noise around the midpoint
of the spectrum at 1.5 GHz to about 2 GHz. It seems like this is noise being
picked up by the circuit, however the only two frequencies it works at are 50 MHz
and the output frequency. These are too low and too high respectively to be the
source of this noise. Also, this is too high of a frequency to be coming from local
radio stations which is a very common source of noise like this. The cause of this
burst of noise is unknown at this time, but could be determined with more
research. However, the most important part of the spectrum is the frequencies
around the output. In the 2.4 GHz region, it can be seen that there is very little
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interference from the outside sources.

It seems like the coaxial cable and

transmission lines on the board are shielded enough to minimize the effect. This
is good for the results, because the effect of the outside noise can be diminished.
It probably is still having an effect, but these results show it to be minimal at best.
These results proved that the phase locked loop is working, so the next results will
see if the prototype fractional n frequency synthesizer will be effective.
The next sets of tests are to prove the function of the fractional N
frequency synthesizer. For this work, the frequencies of 2.44 GHz, 2.48GHz, and
2.46 GHz were chosen to be generated by the overall design. Calculations were
done to generate the inputs into the DSM. The clock for the DSM was originally
going to come from the crystal oscillator serving as the input into the loop;
however its voltage swing was too low to make the board function correctly.
Therefore, the crystal oscillator built into the Spartan-3 test board was used as the
input clock. Figure 4.9 shows the result of the 2.44 GHz test.
These results will require some discussion to make sense. The first thing
to notice is the increase in noise around the spike created by the circuit at 2.415
GHz. This extra noise appears only when the DSM is attached to the circuit and
turned on. Therefore, it has to be caused by the charge pump working as the
DSM changes the division ratio. This can be proven by looking at the results for
just the phase locked loop above in Figure 4.9. It does not show any of this noise
and these results were obtained with all of the input wires attached to the phase
locked loop board. Thus if any antennas would have been created similar results
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Figure 4.9: Attempt to Generate 2.44 GHz

would be seen on both pictures. The next thing that is noticed from Figure 4.10 is
that the output frequency is off. The percentage that it is off is 1.0352 %. The
percent off is a little better than the original case, but it can be seen that the
original loop is having an effect. The next attempt will be to generate 2.48 GHz
which is shown in Figure 4.10.
Figure 4.10 shows a similar spectrum to Figure 4.9. Again it can be seen
that the DSM is adding noise around the output frequency, however in this case
the output is a little closer this time. The percent error for this case is 0.121 %.
This is extremely good considering that the original error was around one percent.
This shows an improvement over the last case. Figures 4.11 and 4.12 show the
last test. It was noticed when wiring up the DSM for the 2.46 GHz test that the
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Figure 4.10: Attempt to generate 2.48 GHz

Figure 4.11: Output from PLL before attempting to generate 2.46 GHz
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Figure 4.12: DSM connected to PLL to generate 2.46 GHz

initial frequency had shifted from where it was previously. Thus, Figure 4.11
shows the result for just the PLL biased up and with no input from the DSM and
Figure 4.12 shows the operation of the entire synthesizer. These results are off as
well. The percent error for this case equals 0.935 %. The next section will deal
with the conclusions from this work and future work to attempt.
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5

5.1

CONCLUSION AND FUTURE WORK

Conclusions and Achievements
In any work eventually the question is asked, is it successful? This work

was a complete success. Consider the percent errors calculated in the last section.
The phase locked loop by itself was off by 1.8 %. The three cases attempted were
each off by less than one percent. This shows an improvement over the original
results. A one percent tolerance is acceptable in many applications and would be
similar here. When the results from [19] are also considered, it can be seen that
the results were had a percent error of roughly two percent for the integer N
synthesizer. Therefore, the inclusion of the Delta Sigma modulator was a success.
This work implemented the design of a Delta Sigma modulator. It covered
the different architectures available and discerned their strengths and weaknesses.
Then, it used the equations available to completely design a version using the
MASH architecture. The next step was the implementation and testing of the
circuit which were successful. This is a remarkable list of achievements for this
work.
5.2

Future Work
The main step for future work is to attempt the transmitter possible from

this circuit. Much of the background research for this job is in this paper. Merely
the implementation of a digital filter would be left. Another possible job would
be to see if there is an appreciable difference between MBSL and MASH
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modulators for a transmitter. None of the research found for this paper seemed to
consider that the two different modulators might have different characteristics for
a transmitter. These would be two major possibilities for continuing this work,
however there may be many more.
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Accumulator Code
LIBRARY ieee;
USE ieee.std_logic_1164.all;
USE work.components.all;
ENTITY accum IS
PORT( Clock
X
Result
Cout
END accum;

:
:
:
:

IN STD_LOGIC;
IN STD_LOGIC_VECTOR(23 DOWNTO 0);
OUT STD_LOGIC_VECTOR(23 DOWNTO 0);
OUT STD_LOGIC );

ARCHITECTURE Structure OF accum IS
SIGNAL Sum, Test : STD_LOGIC_VECTOR(23 DOWNTO 0);
SIGNAL Zero_bit : STD_LOGIC;
BEGIN
Zero_bit <= '0';
adder: addern
PORT MAP(Zero_bit, X, Test, Sum, Cout);
reg: regne
PORT MAP(Sum, Clock, Test);
Result <= Test;
END Structure;

Accumulator Package Code
LIBRARY ieee;
USE ieee.std_logic_1164.all;
PACKAGE accum_package IS
COMPONENT accum
PORT( Clock : IN STD_LOGIC;
X
: IN STD_LOGIC_VECTOR(23 DOWNTO 0);
Result : OUT STD_LOGIC_VECTOR(23 DOWNTO 0);
Cout
: OUT STD_LOGIC );
END COMPONENT;
END accum_package;
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Addern Code
LIBRARY ieee;
USE ieee.std_logic_1164.all;
USE work.fulladd_package.all;
ENTITY addern IS
PORT (Cin :IN
X,Y :IN
S
:OUT
Cout :OUT
END addern;

STD_LOGIC;
STD_LOGIC_VECTOR(23 DOWNTO 0);
STD_LOGIC_VECTOR(23 DOWNTO 0);
STD_LOGIC);

ARCHITECTURE Structure of addern IS
SIGNAL C : STD_LOGIC_VECTOR(0 TO 24);
BEGIN
C(0) <= Cin;
Generate_label:
FOR i IN 0 TO 23 GENERATE
stage: fulladd PORT MAP ( C(i), X(i), Y(i), S(i),
C(i+1) );
END GENERATE;
Cout <= C(24);
END Structure;

Adderspecial Code
LIBRARY ieee;
USE ieee.STD_LOGIC_1164.all;
USE ieee.std_logic_signed.all;
ENTITY adderspecial IS
PORT( x, y, z :IN STD_LOGIC_VECTOR(2 DOWNTO 0);
s
:OUT STD_LOGIC_VECTOR(2 DOWNTO 0) );
END adderspecial;
ARCHITECTURE Structure OF adderspecial IS
SIGNAL Sum : STD_LOGIC_VECTOR(3 DOWNTO 0);
BEGIN
Sum <= x + y - z;
S <= SUM(2 DOWNTO 0);
END Structure;
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Adderspecial Package Code
LIBRARY ieee;
USE ieee.std_logic_1164.all;
USE ieee.std_logic_signed.all;
PACKAGE adderspecial_package IS
COMPONENT adderspecial
PORT( x, y, z :IN STD_LOGIC_VECTOR(2 DOWNTO 0);
s
:OUT STD_LOGIC_VECTOR(2 DOWNTO 0) );
END COMPONENT;
END adderspecial_package;

Components Package Code suggested by [20]
LIBRARY ieee;
USE ieee.std_logic_1164.all;
PACKAGE components IS
COMPONENT addern -- 24-bit adder
PORT ( Cin : IN STD_LOGIC;
X,Y : IN STD_LOGIC_VECTOR(23 DOWNTO 0);
S
: OUT STD_LOGIC_VECTOR(23 DOWNTO 0);
Cout : OUT STD_LOGIC);
END COMPONENT;
COMPONENT regne --24-bit register
PORT ( D
: IN STD_LOGIC_VECTOR(23 DOWNTO 0);
Clock : IN STD_LOGIC;
Q
: OUT STD_LOGIC_VECTOR(23 DOWNTO 0));
END COMPONENT;
COMPONENT regs --3-bit register
PORT ( D
: IN STD_LOGIC_VECTOR(2 DOWNTO 0);
Clock : IN STD_LOGIC;
Q
: OUT STD_LOGIC_VECTOR(2 DOWNTO 0));
END COMPONENT;
END components;
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DSM Code
LIBRARY
USE
USE
USE
USE
USE
USE

ieee;
ieee.STD_LOGIC_1164.all;
ieee.std_logic_signed.all;
work.components.all;
work.fulladd_package.all;
work.adderspecial_package.all;
work.accum_package.all;

ENTITY DSM IS
PORT ( k
Clock
X
n
END DSM;

:
:
:
:

IN STD_LOGIC_VECTOR(23 DOWNTO 0);
IN STD_LOGIC;
IN STD_LOGIC_VECTOR (2 DOWNTO 0);
OUT STD_LOGIC_VECTOR(2 DOWNTO 0) );

ARCHITECTURE Structure OF DSM IS
SIGNAL Sum1, Sum2, Sum3 : STD_LOGIC_VECTOR(23 DOWNTO 0);
SIGNAL Co1, Co2, Co3 : STD_LOGIC;
SIGNAL Cout1, Cout2, Cout3 : STD_LOGIC_VECTOR(2 DOWNTO
0);
SIGNAL DCout3, DCout34, Dcout : STD_LOGIC_VECTOR(2 DOWNTO
0);
SIGNAL Cout34, final

: STD_LOGIC_VECTOR(2 DOWNTO

0);
BEGIN
accum1: accum
PORT MAP (Clock, k, Sum1, Co1);
accum2: accum
PORT MAP (Clock, Sum1, Sum2, Co2);
accum3: accum
PORT MAP (Clock, Sum2, Sum3, Co3);
Cout1(2) <= '0';
Cout1(1) <= '0';
Cout1(0) <= Co1;
Cout2(2) <= '0';
Cout2(1) <= '0';
Cout2(0) <= Co2;
Cout3(2) <= '0';
Cout3(1) <= '0';
Cout3(0) <= Co3;
reg1:regs
PORT MAP (Cout3, Clock, DCout3);
adder1: adderspecial
PORT MAP (Cout2, Cout3, DCout3, Cout34);
reg2:regs
PORT MAP (Cout34, Clock, DCout34);
adder2: adderspecial
PORT MAP (Cout1, Cout34, Dcout34, final);
n <= final + X;
END Structure;
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Fulladd Code from [20]
LIBRARY ieee;
USE ieee.std_logic_1164.all;
ENTITY fulladd IS
PORT( Cin, x, y : IN STD_LOGIC;
s, Cout
: OUT STD_LOGIC);
END fulladd;
ARCHITECTURE LogicFunc OF fulladd IS
BEGIN
s <= x XOR y XOR Cin;
Cout <= (x AND y) OR (x AND Cin) OR (y AND Cin);
END LogicFunc;

Fulladd Package from [20]
LIBRARY ieee;
USE ieee.std_logic_1164.all;
PACKAGE fulladd_package IS
COMPONENT fulladd
PORT( Cin, x, y :IN STD_LOGIC;
s, Cout
:OUT STD_LOGIC );
END COMPONENT;
END fulladd_package;
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Regne Code suggested from [20]
LIBRARY ieee;
USE ieee.std_logic_1164.all;
ENTITY regne IS
PORT( D
: IN STD_LOGIC_VECTOR(23 DOWNTO 0);
Clock : IN STD_LOGIC;
Q
: OUT STD_LOGIC_VECTOR(23 DOWNTO 0) );
END regne;
ARCHITECTURE Behavior OF regne IS
BEGIN
PROCESS ( Clock )
BEGIN
IF Clock'EVENT AND Clock = '1' THEN
Q <= D;
END IF;
END PROCESS;
END Behavior;

Regs Code
LIBRARY ieee;
USE ieee.std_logic_1164.all;
ENTITY regs
PORT( D
Clock
Q
END regs;

IS
: IN STD_LOGIC_VECTOR(2 DOWNTO 0);
: IN STD_LOGIC;
: OUT STD_LOGIC_VECTOR(2 DOWNTO 0) );

ARCHITECTURE Behavior OF regs IS
BEGIN
PROCESS ( Clock )
BEGIN
IF Clock'EVENT AND Clock = '1' THEN
Q <= D;
END IF;
END PROCESS;
END Behavior;
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